The auditory system calibrates to reliable properties of a listening environment in ways that enhance sensitivity to less predictable (more informative) aspects of sounds. These reliable properties may be spectrally local (e.g., peaks) or global (e.g., gross tilt), but the time course over which the auditory system registers and calibrates to these properties is unknown. Understanding temporal properties of this perceptual calibration is essential for revealing underlying mechanisms that serve to increase sensitivity to changing and informative properties of sounds. Relative influence of the second formant (F 2 ) and spectral tilt was measured for identification of /u/ and /i/ following precursor contexts that were harmonic complexes with frequency-modulated resonances. Precursors filtered to match F 2 or tilt of following vowels induced perceptual calibration (diminished influence) to F 2 and tilt, respectively. Calibration to F 2 was greatest for shorter duration precursors (250 ms), which implicates physiologic and/or perceptual mechanisms that are sensitive to onsets. In contrast, calibration to tilt was greatest for precursors with longer durations and higher repetition rates because greater opportunities to sample the spectrum result in more stable estimates of long-term global spectral properties. Possible mechanisms that promote sensitivity to change are discussed.
I. INTRODUCTION
Outside of anechoic chambers, acoustic properties of sounds are filtered by the listening environment. Different frequencies of energy are reinforced or dampened by acoustic reflective or absorbent properties, respectively, of surfaces and objects in the environment. The challenge of detecting signal properties, apart from acoustic consequences of the physical environment in which those sounds are transmitted, has been present ever since the very first auditory systems. For audition in the contemporary world, particularly for speech, the same challenge is present when spectra of sounds are shaped by transmission channel properties such as those for telephones, hearing aids, and even for automatic speech recognition systems.
To the extent that auditory perception can calibrate to, or filter out, acoustic properties of a listening context, detection and discrimination of sounds to which one is listening will be enhanced. There have been multiple demonstrations that perception is indeed sensitive to reliable characteristics of a listening context, or, that predictable characteristics of a context are factored out of perception. In many respects, speech is an ideal signal with which to demonstrate these effects. Adult listeners have ample experience categorizing speech sounds, so they require no special training in order to make subtle discriminations along multiple acoustic dimensions. In addition, perception of speech sounds in isolation, devoid of acoustic context, is particularly sensitive to acoustic properties (e.g., spectral peaks and overall spectral tilt) that could otherwise be attributed to filter characteristics of the environment or talker.
One classic demonstration of context effects in speech is Ladefoged and Broadbent (1957) . They varied the first formant frequency, F 1 , of a context sentence that preceded a synthesized vowel series that varied perceptually from [bIt] to [bet] and acoustically in F 1 frequency (low and high, respectively). Results showed that perception of the vowel series was contrastive to the long-term spectrum of the context sentence. When high F 1 was a reliable property of the preceding context, perception was biased toward /bIt/ (low F 1 ), and when low F 1 was a reliable property of the preceding context, perception was biased toward /bet/ (high F 1 ).
Conversely, Darwin et al. (1989) demonstrated that changes in vowel perception, caused by a filter that altered the relative amplitudes of formants, was perceptually undone when the same filter was applied to the preceding context, which consisted of a three-word precursor phrase separated from the target by 500 ms. Listeners calibrated to the spectral consequences of the filter such that perception of the following vowel again matched that for unfiltered vowels heard in isolation. Watkins (1991) and Watkins and Makin (1994) demonstrated perceptual calibration to long-term spectral characteristics of the listening context by creating filters that captured the differences in spectral shapes between vowels /I/ and /e/ and applying these filters to a precursor sentence that preceded an "etch" to "itch" series. When the preceding context was passed through the /I/ minus /e/ difference filter, probability of listeners responding "etch" increased. The opposite response pattern was found when the difference filter was reversed (i.e., /e/ minus /I/). In each case, listeners were more likely to report hearing the vowel sound that shared the least in common with the precursor spectrum. Because spectral similarities to one vowel (e.g., /I/) in the long-term spectrum of the precursor were perceptually mitigated and spectral differences to the other vowel (e.g., /e/) were enhanced, Watkins and Makin (1994) characterize this calibration as "inverse filtering." This perceptual calibration and contrast were demonstrated across different speech contexts that varied in talker gender, spatial position, ear of presentation, forward or time-reversed, and even for speech-shaped, signal-correlated noise.
These effects are not restricted to speech sounds or even to sounds with which listeners are highly familiar. Stilp et al. (2010) demonstrated complementary sensitivity to difference filters created from French horn and tenor saxophone spectra applied to precursors that were passages from a string quintet or a female talker. Both filtered music and speech precursors shifted identification of a morphed series between stylized French horn and tenor saxophone, highlighting the fact that the perceptual system calibrates to spectral characteristics of the listening context irrespective of the apparent identity of sources.
Kluender and colleagues (e.g., Kluender and Kiefte, 2006; Kluender and Alexander, 2007; Kiefte and Kluender, 2008) have proposed that one useful way to characterize this calibration to listening context is that, by registering and factoring out reliable acoustic spectral properties, the auditory system becomes more sensitive to less predictable, hence more informative, spectral characteristics. Stilp et al. (2010) suggest that this auditory process is functionally similar to color constancy in vision. The spectral distribution of light entering the eye depends on both the spectrum of illumination and the spectral characteristics light encounters on its path to the eye (Nassau, 1983) . To achieve color constancy, the visual system extracts reliable spectral properties across an entire image in order to estimate inherent spectral properties of objects within the scene (Boynton, 1988; Churchland and Sejnowski, 1988; Foster et al., 1997) .
Despite multiple demonstrations incorporating both speech and non-speech signals (e.g., Holt, 2005 Holt, , 2006 Kiefte and Kluender, 2008; Stilp et al., 2010; Watkins, 1991; Watkins and Makin, 1994) , relatively little is known about processes underlying perceptual calibration to listening context. Particularly with respect to applications of modern signal processing technology, natural biological mechanisms of perceptual calibration need to be better understood. For example, hearing aids and cell phones have the capability of dynamically altering spectrally global and local filter characteristics every few seconds to accommodate differences in speech or noise level across frequency (multichannel compression and noise reduction schemes). In addition, these devices modify sounds in response to acoustic feedback (e.g., notch filtering) and talker position (i.e., different directional polar patterns). It is not clear how such technological signal modifications complement, enhance, or hinder natural processes.
Context effects are often tested in one of two ways: (1) varying target stimuli along a single dimension and (2) varying target stimuli along two dimensions simultaneously. Speech sounds in isolation are the preferred stimuli because speech is the signal that people care most about and is readily classified by untrained listeners. The traditional method of testing speech context effects is to form a series of target stimuli that vary acoustically along a single dimension (e.g., low to high F 2 frequency) and perceptually from one speech sound to another (e.g., /u/ to /i/, respectively). Following sounds with different acoustic compositions (e.g., with relatively low-or high-frequency content), a context effect is quantified by the difference in the overall proportion of responses or by a shift in the crossover point for the stimulus series where each response is equally likely. Another method of testing context effects that is more suitable for observing perceptual calibration is to form a matrix of stimuli that vary along more than one acoustic dimension (e.g., spectral peak and tilt) but along a single perceptual dimension (e.g., from /u/ to /i/), as in a trading relationship. Contexts are then matched along one of the two dimensions and perceptual calibration is observed by measuring a change in degree to which listeners use each dimension for stimulus classification.
Following methods similar to those developed by Kiefte and Kluender (2008) , the current study attempts to better define processes of perceptual calibration to both spectrally local and spectrally global properties, thereby illuminating the relative temporal courses for both, and providing insights into physiological processes that may be implicated. Based on prior work (Kiefte and Kluender, 2005 ) that demonstrated identification of vowels /u/ and /i/ to be sensitive to both F 2 frequency (spectrally local) and gross spectral tilt (spectrally global), Kiefte and Kluender (2008) used for their target stimuli a matrix of vowels that varied perceptually from /u/ to /i/ and acoustically in F 2 center frequency and overall spectral tilt. Listeners identified these vowels following forward or time-reversed precursor sentences that were filtered on a trial-by-trial basis to match either the F 2 or spectral tilt of target vowels. They demonstrated that when precursor sentences had F 2 -matching filters, F 2 information in target vowels was perceptually minimized and listeners identified vowels principally on the basis of spectral tilt. Likewise, when precursor sentences had tilt-matching filters, effects of spectral tilt for perception of target vowels was largely diminished and listeners identified vowels on the basis of F 2 alone.
While the extent to which absolute spectral tilt plays a role in phonetic perception is generally unresolved (see, e.g., Hillenbrand et al., 1995; Bladon and Lindblom, 1981; Zahorian and Jagharghi, 1993; Ito et al., 2001) , changes in tilt across time clearly influence perception of speech by normal-hearing listeners (Alexander and Kluender, 2008) , and especially by hearing-impaired listeners (Alexander and Kluender, 2009 ) for whom spectral peaks are often obscured by abnormal cochlear processing. Furthermore, it is known that rapid changes in spectral tilt can substantially impair sentence identification (Van Dijkhuizen et al., 1987 Haggard et al., 1987) . In light of modern signal processing schemes that are capable of producing rapid spectral changes, it is important to know the time course of auditory processes responsible for minimizing their influence on speech perception.
To better understand underlying mechanisms involved in perceptual calibration, experiments in this current series of investigations will examine how the relative influence of F 2 and spectral tilt on identification of vowel targets (/u/ and /i/) is affected by the duration and sampling statistics of F 2 -matched or tilt-matched non-speech precursors. One hypothesis is that, for continuously varying spectra like running speech, perceptual calibration to global spectral properties (e.g., absolute tilt) may require a longer sampling period of the broad spectral context given continuously changing local spectral composition. Local spectral properties like formant onsets, offsets, and trajectories tend to be brief, and calibration effects may be correspondingly transitory. However, because of the inherent reliability associated with the longterm spectrum, its influence on perception should sustain over a longer period. The vowel target stimuli consisted of a matrix that varied acoustically in both F 2 frequency and spectral tilt and perceptually from [u] to [i] . First, a series of five vowel sounds varying from [u] to [i] in the F 2 dimension was constructed using the parallel branch of a speech synthesizer (Klatt and Klatt, 1990 ) at a sampling rate of 22 050 Hz with 16 bits of resolution and 5-ms update rate. Vowels had a fundamental frequency of 100 Hz and were 90 ms in total duration with 5-ms onset/offset ramps. F 1 , F 3 , and F 4 were held constant at 300, 2700, and 3600 Hz, respectively. F 2 varied in five 300-Hz steps from 1000 to 2200 Hz. The bandwidths (BWs) for F 1 -F 4 were 60, 160, 260, and 360 Hz, respectively. Nominal values for formant amplitudes (A1V-A4V) in the synthesizer were manipulated so that each vowel had a reasonably constant spectral tilt of À3 dB/oct for each F 2 frequency. To maintain a constant tilt, nominal amplitudes of F 2 (A2V) decreased as frequency increased: 1000 Hz (75 dB), 1300 Hz (71 dB), 1600 Hz (69 dB), 1900 Hz (67 dB), and 2200 Hz (65 dB). A1V, A3V, and A4V were fixed at 52, 75, and 80 dB, respectively. Spectral analysis using a 256-point fast Fourier transform (FFT) with 50% Hamming window overlap confirmed that the spectral tilt between each pair of formants was reasonably constant.
Next, a matrix of 25-vowel sounds was created by imposing five different spectral tilt slopes (À12 to 0 dB/oct in 3 dB/oct steps) on the five-step F 2 series. Parametric manipulations of spectral tilt between 212 and 4800 Hz were made using 90-tap finite impulse response (FIR) filters created in MATLAB.
2 Base stimuli already had a constant À3 dB/ oct tilt, so filter slopes varied from À9 to þ3 dB/oct to achieve the desired slopes. Vowel targets were upsampled to 48 828 Hz with 24-bit resolution, then low-pass filtered with a 86-tap FIR filter with an upper cutoff at 4800 Hz and a stopband of À90 dB at 6400 Hz. Vowels were then scaled to 75 dB sound pressure level (SPL). Corner stimuli of this vowel matrix are shown in Fig. 1 
B. Sinusoidal pole precursors
A novel method of generating vowel-like, non-speech precursors was used to create sounds that shared some physical characteristics of speech but had no silent intervals and were not perceived as speech. Precursors had continuously varying local spectral peaks with a full representation of energy across the spectrum similar to speech. Four poles or resonances with sinusoidal frequency modulation were designed to cover the entire spectrum from 100 to 4000 Hz with a reasonably smooth À6 dB/oct tilt, similar to longterm average speech spectra (see Appendix for details). The "voicing" source for precursors was a sawtooth waveform with a fundamental frequency of 100 Hz, matching the fundamental frequency of vowel targets. Center frequencies, F c , of the four poles were 600, 1600, 2600, and 3600 Hz with nominal BWs equal to 10% of each F c . The frequency excursion, A c , of each pole was 6430 Hz. The modulation rate of each pole was 4 Hz, meaning that the entire spectrum was sampled every 250 ms. The phase of each pole was reset every cycle with 50-point hanning window onset/offset ramps such that every 250-ms sample had a unique spectral microstructure. The starting phase, h, for each pole was sampled without replacement at p/2, p, 3/2p, or 2p, with every phase occurring over a 1000-ms precursor duration. In this way, unique precursors could be generated with a set size varying from 24 for the 250-ms duration precursors to more than 1.1 Â 10 9 for the 2000-ms duration precursors. Precursors were generated with a 48 828 Hz sampling rate and 24-bit resolution, and given 10-ms cosine 2 onset/ offset ramps. In different experiments, precursors were filtered to match either the F 2 frequency (experiment 1A) or tilt (experiment 1B) of the following vowel. F 2 -matched precursors were filtered by a 1200-tap FIR filter centered on vowel F 2 (1000-2200 Hz in 300-Hz steps). Filters had 24.5 dB gain with 50-Hz wide passbands and 6165-Hz stopbands. As shown in Fig. 2 , because the spectral composition of precursors was modulated, additional energy corresponding to target F 2 increased and decreased across the duration of precursors. Examples of tilt-matched precursors are shown in Fig. 3 . Tilt-matched precursors were filtered in the same way as vowel targets but with 200-tap FIR filters (equivalent to 90-tap with a sampling rate of 22 050 Hz). Because precursors already had constant À6 dB/oct tilt, filter slopes varied from À6 to þ6 dB/oct to achieve the desired final slopes. Filtered precursors were then low-pass filtered with a 86-tap FIR filter with an upper cutoff at 4800 Hz and a stopband of À90 dB at 6400 Hz. They were then scaled to the same 75-dB SPL level as the vowels. Vowels were appended to their matching precursors with a 50-ms interstimulus silent interval.
C. Method

Listeners
Listeners were undergraduate students from the University of Wisconsin-Madison and participated as part of course credit. No listener participated in more than one experiment. One to three listeners participated in the experiments concurrently. Each individual was seated in an isolated single-walled sound chamber and had a unique random presentation order of stimuli. Listeners were recruited for each experiment until data were collected on at least 20 listeners. All reported that they were native speakers of American English and had normal hearing. Because of the large number of conditions, a between-subjects experiment design was used and a new group of listeners was recruited for each condition. Nine groups of listeners identified the 25-vowel matrix in one of the following conditions: No precursor (n ¼ 23); F 2 -matched precursors (experiment 1A) with durations of 250, 500, 1000, or 2000 ms (n ¼ 21, 20, 20, and 23, respectively) ; and, tiltmatched precursors (experiment 1B) with durations of 250, 500, 1000, or 2000 ms (n ¼ 20, 21, 21, and 21, respectively). 
Procedure
Following one warm-up block consisting of the full matrix (25 trials), data were collected on eight subsequent blocks (200 trials). Stimuli were presented diotically to listeners through Beyerdynamic DT150 headphones at an average level of 75 dB SPL. In a two-alternative forced-choice task, listeners indicated their responses by pressing one of two buttons labeled "ee" and "oo."
D. Results
Figure 4(a) displays mean identification rates for the control condition in which no precursors were present. The probability of listeners responding /i/ is plotted as a function of F 2 frequency (abscissa) for each vowel tilt with circles, asterisks, squares, x's, and triangles representing mean data for À12, À9, À6, À3, and 0 dB/oct, respectively. For display purposes, data points for each vowel tilt were fit to a maximum likelihood psychometric function using the psignifit toolbox for MATLAB (Wichmann and Hill, 2001) .
3 Results showed that listeners were highly influenced by F 2 , with identification rates that approach floor or ceiling performance near F 2 -series endpoints. The influence of tilt is indicated by the systematic separation of functions for each vowel tilt, with increasingly greater identification rates for /i/ (leftward shift of functions along the abscissa) with progressively flatter vowel tilts. To test for differences in the influence of F 2 and spectral tilt on perception of vowel targets, listeners' responses were regressed against F 2 and spectral tilt of each stimulus using a logistic model (glmfit in MATLAB). For each listener, weights for each acoustic property (F 2 and spectral tilt) were obtained from standardized regression coefficients. A scatter plot of F 2 (abscissa) and tilt (ordinate) weights for each listener (open circles) in the control condition is shown in Fig. 4(b) . The x's are excluded multivariate outliers and the filled circle is the mean of the remaining data. The minimum generalized variance (MGV) method was used to detect outliers (Wilcox, 2005, pp. 228-231) . The mean weights and standard errors (in parentheses) for vowel targets in isolation were 1.94 (0.15) for F 2 and 0.47 (0.08) for tilt. Panels in Fig. 5 display identification rates and maximum likelihood fits of mean data for different F 2 -matched precursor durations in experiment 1A. As demonstrated by large separations of identification functions representing different vowel tilts, it is clear that F 2 -matched precursors resulted in a greater influence of tilt for all precursor durations compared to the control with no precursors [ Fig. 4(a) ]. The mean F 2 and tilt weights across individuals and standard errors are shown for each duration in Table I precursor duration, panels in Fig. 6 display scatter plots of F 2 and tilt weights, with x's representing excluded outliers, the filled circle representing the mean of the remaining points, and the filled square representing the mean from the control experiment with no precursors. Perceptual calibration to F 2 -matched precursors is exhibited by a decrease in F 2 weights and an increase in tilt weights, that is, a shift toward the upper left quadrant, relative to the control condition. For each precursor duration, the change in both F 2 and tilt weights was statistically significant (p 0.01, for each comparison after Bonferroni correction on Student's t-test). It can be seen that as precursor duration decreases, the point representing the mean for each experiment (filled circles) moves farther from the point representing the mean for the control (filled square), indicating that perceptual calibration increases with decreases in the duration of F 2 -matched precursors. This is better viewed in Fig. 7(a) , which displays differences in weights (i.e., perceptual calibration) for vowels with different durations of F 2 -matched precursors compared to vowels in isolation. A multivariate analysis of variance (MANOVA) post-hoc tests showed that the change in F 2 weight for the 250-ms precursor was significantly greater compared to the 1000-and 2000-ms precursors (p < 0.05 for each). No other differences in F 2 weights were significant (p > 0.05). In addition, changes in tilt weights were significantly greater for shorter duration precursors (250 and 500 ms) compared to longer duration precursors (1000 and 2000 ms) (p < 0.05). Tilt weights did not differ between 250-and 500-ms precursor durations or between 1000-and 2000-ms precursor durations (p > 0.05).
Panels in Fig. 8 display identification rates and maximum likelihood fits of mean data for different tilt-matched precursor durations in experiment 1B. Compared to F 2 -matched precursors (experiment 1A), tilt-matched precursors resulted in less influence of tilt at all precursor durations as demonstrated by overlapping identification functions representing different vowel tilts. Mean F 2 and tilt weights across individuals and standard errors are shown for each duration in Table I . For each precursor duration, panels in Fig. 9 display scatter plots of F 2 and tilt weights in the same manner as Fig. 6 . This time, perceptual calibration to tiltmatched precursors is exhibited by an increase in F 2 weights and a decrease in tilt weights, that is, a shift toward the lower right quadrant, relative to the control condition. For all precursor durations, the decrease in tilt weights was statistically significant (p < 0.05 for the 500-ms precursors, and p < 0.01, for all other durations after Bonferroni correction on Student's t-test). There was no significant difference between F 2 weights in the control and the precursor conditions (p > 0.05, for each comparison). There is a trend toward smaller F 2 weights for the 250-and 500-ms conditions because of a relative bias for /i/ responses for low F 2 frequencies (that is, the identification rates for the 1000-Hz F 2 series endpoint do not pass through 0). 
E. Discussion
It was hypothesized that perceptual calibration to spectrally local properties (i.e., F 2 ) would be equally evident with short-and long-duration precursors because detailed spectral changes in speech, like formant onsets, offsets, and transitions, are relatively brief (Lehiste and Peterson, 1961) . In addition, low-level signal analysis at the auditory periphery and lower brainstem is characterized by short time constants and narrow frequency tuning. Consistent with our hypothesis, there was significant perceptual calibration to the shortest duration F 2 -matched precursors (250 ms). Unexpectedly, perceptual calibration was greatest for short-duration precursors (250 and 500 ms) and weakest for longduration precursors (1000 and 2000 ms). That is, relative to vowels in isolation, the largest changes in F 2 and tilt weights were observed with short-duration F 2 -matched precursors and were significantly smaller than changes observed with long-duration precursors.
One explanation for the pattern of results for F 2 -matched precursors is that onsets are more heavily weighted by processes responsible for perceptual calibration to spectral peak information. Greater effects for shorter than longer precursor durations were also found by Coady et al. (2003) . Coady et al. examined contrast effects for a /ba/ to /da/ series varying in F 2 onset frequency (low and high, respectively) following vowels and harmonic stimuli with spectra complementary to vowels (troughs replaced peaks and vice versa). For precursors composed of spectral peaks with energy just below F 2 onset for /ba/ or just above F 2 onset for /da/, effects did not depend on duration and were not diminished by intervening silence or acoustic energy with a neutral spectrum. However, for precursors composed of spectral troughs in the place of spectral peaks, effects depended on the time between precursor onset and target onset (i.e., the inter-onset interval) and not on the duration per se. Therefore, when inter-onset intervals were made longer by introducing longer silent intervals or by making precursors longer, contrast effects diminished. Our results and results of Coady et al. (2003) are consistent with the viewpoint that at least some forms of adaptation operate mostly to enhance spectral properties of onsets (e.g., Delgutte, 1996; Houtgast, 1974) . With adaptation, nerve fibers with characteristic frequencies (CFs) near a peak in the spectrum have an initial strong response that quickly decays so that they are relatively less responsive to continuation of energy in that region (Smith, 1977 (Smith, , 1979 . If subsequent energy falls in a different spectral region, where nerve fibers are relatively non-adapted, the response will be comparatively greater than in the adapted region. This is one way the auditory system calibrates to reliable spectral characteristics and increases sensitivity to contrast at shorter timescales.
Recall that F 2 -matched energy in our precursors was not constant but rather increased and decreased with changes in frequencies of the sinusoidal resonances, with energy maxima occurring once or twice per cycle and not usually at onset (cf. Fig. 2 ). Another hypothesis for the decrease in perceptual calibration to F 2 with increased precursor duration is that listeners calibrated to the final pass of the sinusoidal filter through the F 2 -matched peak instead of the initial pass as predicted by a mechanism that emphasizes onsets. That is, with each successive pass of the sinusoidal filter (i.e., a single sampling of the entire spectrum), spectral peak information in the precursor decreased as each sample is redundant with the first. The net result is reduced effectiveness of the final peak to influence perception of a vowel target. A similar argument has been made for perceptual calibration of the binaural system. Hafter et al. (1988) examined the relationship between listeners' lateralization judgments and characteristics of a train of dichotic clicks differing in intensity or phase [i.e., with a given interaural level difference (ILD) or interaural timing difference (ITD), respectively]. In a two-alternative, forced-choice task, the ILD/ITD was reversed between intervals. The listeners' task was to indicate the direction of perceived movement of the sound source. With an increasing number or rate of click presentation, threshold for ITDs and ILDs (i.e., perception of movement) decreased FIG. 6 . Scatter plots of individual F 2 and tilt weights (open circles) for each duration of F 2 -matched precursors in experiment 1A. x's indicate excluded multivariate outliers, the filled circle is the mean of the remaining data, and the filled square is the mean of the control condition from Fig. 4(b) .
at a rate less than predicted by signal detection theory (by the square root of n; Green and Swets, 1966) . In effect, the authors found that lateralization depended on the length (duration) of the click train with each successive click being less informative than its predecessor in cueing perceived movement (i.e., less effective in further reducing threshold). Hafter et al.'s findings suggest that the critical feature for perceptual calibration to F 2 for our precursors may be the repetition of information in spectral peaks rather than the duration or onsets per se.
Compared to F 2 -matched precursors which had widely separated identification functions across vowel tilts, tiltmatched precursors had overlapping identification functions across vowel tilts at all precursor durations. Thus, effects for spectral peaks contrast with effects for spectral tilt. Perceptual calibration was hypothesized to be greater with increased precursor duration because of greater opportunities to sample the broadband spectrum. Results of experiment 1B, at best, showed weak evidence that increased precursor duration per se results in increased perceptual calibration to spectral tilt. The evidence rests on a marginally significant increase in F 2 weights for the 2000-ms tilt-matched precursor compared to the 250-and 500-ms precursors. It is possible that providing more samples of the spectrum using precursors with longer durations or with greater rates of frequency modulation will lead to greater perceptual calibration.
III. EXPERIMENT 2: EFFECTS OF PRECURSOR MODULATION RATE
A. Rationale
The purpose of experiment 2 is to separate confounding variables of information (sampling) and time on processes of auditory perceptual calibration when varying precursor duration. For experiment 1, it was hypothesized that longer duration tilt-matched precursors would lead to greater perceptual calibration because they provide increased opportunities to sample the spectrum (i.e., greater information), hence, provide more stable estimates of reliable global spectral properties. Only weak evidence was found that increasing precursor duration was effective at inducing greater perceptual calibration. Furthermore, longer duration F 2 -matched precursors in experiment 1 were significantly less effective at inducing perceptual calibration compared to shorter duration precursors. One hypothesis is that listeners calibrate to the most recent instance of the F 2 -matched peaks, which decreases its informational value with each preceding repetition. Here, we explicitly test both of these hypotheses by keeping duration constant and varying the rate of information presentation.
B. Method
Four new groups of listeners identified the 25-vowel matrix following 500-ms precursors. Precursors were F 2 -matched FIG. 7 . For experiments 1 and 2 (top and bottom panels, respectively), the change in F 2 weights (solid bars) and tilt weights (speckled bars) attributed to F 2 -matched precursors (left panels) and tilt-matched precursors (right panels) are plotted as a function of precursor duration. Error bars represent standard error.
to the following vowel (experiment 2A) with 2-or 8-Hz sinusoidal resonance modulation (n ¼ 21 for both) or were tilt-matched (experiment 2B) with 2-or 8-Hz modulation (n ¼ 21 and 20, respectively). Figure 10 shows graphically how the amount of spectral sampling varied with resonance modulation frequency. For the 2-Hz modulation rate (top panel), sinusoidal resonances sample the entire spectrum once during the 500-ms precursor duration, compared to the 8-Hz modulation rate (bottom panel) in which the entire spectrum is sampled four times. This increase in spectral sampling with modulation rate is equivalent to increasing the duration of the fixed 4-Hz modulated precursors in experiment 1 from 250 to 1000 ms. Precursors were generated and filtered in the same manner as in experiment 1. For each condition, listeners heard each target in the 25-vowel matrix once per trial block in randomized order. Following one warm-up block consisting of the full matrix, data were collected on eight subsequent blocks (200 trials). Stimulus presentation and response details were the same as in experiment 1.
C. Results and discussion
Top panels (a) and (b) in Fig. 11 display identification rates and maximum likelihood fits of mean data for F 2 -matched precursors and bottom panels (c) and (d) display mean data for tilt-matched precursors. Mean F 2 and tilt weights across individuals with standard errors are shown for each condition in Table II along with data for the 500-ms precursors in experiment 1, which represent the 4-Hz condition. For each condition, panels in Fig. 12 display scatter plots of F 2 and tilt weights [not shown is one outlier in panel (a) with F 2 and tilt weights of 0.31 and 4.2, respectively, and one outlier in panel (d) with F 2 and tilt weights of 5.4 and 0.0, respectively].
For F 2 -matched precursors, a MANOVA revealed no significant differences in the pattern of weights as a function of precursor modulation rate [K ¼ 0.92, F(2,52) ¼ 1.1, p > 0.05]. Figure 7 (c) displays differences in weights (re: vowels in isolation) for vowels with F 2 -matched precursors of different modulation rates. The lack of an effect for modulation rate differs from experiment 1A in which perceptual calibration significantly increased for shorter duration precursors. Because perceptual calibration to F 2 was constant when precursor duration was held constant and information rate varied in experiment 2A, this suggests that in experiment 1A precursor duration (and inter-onset interval, by inference) was the critical feature for observed differences in perceptual calibration to F 2 and not repetition of spectral peak information.
Unlike Figure 7 (d) displays differences in weights (re: vowels in isolation) for vowels with different modulation rates of tilt-matched precursors. Tukey HSD post-hoc tests revealed that the fastest modulation rate, 8 Hz, resulted in a significantly greater change in F 2 weights compared to slower modulation rates, 4 and 2 Hz (p < 0.001 and p < 0.05, respectively) and a significantly greater change in tilt weights compared to the 2-Hz modulation rate (p < 0.05). No other differences were significant (p > 0.05). This pattern of results indicates that, indeed, providing increased opportunities to sample the spectrum results in a more stable estimate of reliable long-term global spectral properties thereby increasing perceptual calibration to tilt.
IV. GENERAL DISCUSSION
A. Summary
Using synthesized vowels and frequency-modulated resonance filters, the current studies were conducted to better understand the temporal course of auditory perceptual calibration, in which relatively reliable filter characteristics of the environment or listening context are perceptually attenuated or "inverse filtered" (Watkins and Makin, 1994) . Two filter characteristics, local spectral peaks and gross spectral tilt, were examined because of their codetermination in the phonetic identity of the vowels /u/ and /i/. It was hypothesized that the perceptual effectiveness of global spectral properties in a spectrally varying context would increase with longer sampling periods. This is because, unlike spectrally local properties where a single exposure is sufficient to highlight the presence of a spectral peak, more information about the entire spectrum (i.e., a greater number of coefficients in a cepstral analysis of the frequency envelope) is needed to infer spectral tilt (the relative distribution of lowvs high-frequency energy).
Overall, our findings are informative with respect to signal processing schemes that are capable of producing rapid spectral changes. For both F 2 -and tilt-matched precursors, results showed strong perceptual calibration (change in F 2 and tilt weights in a direction away from those for vowel identification in isolation) for the shortest duration precursors (250 ms). Perceptual calibration to F 2 -matched precursors was unexpectedly greater for short-duration precursors compared to long-duration precursors. The finding that modulation rate of the resonance filters in the precursors had no effect on perceptual calibration suggests that for F 2 -matched precursors, the key influence on perceptual calibration was FIG. 9 . Scatter plots of individual F 2 and tilt weights for each duration of tilt-matched precursors in experiment 1B. See Fig. 6 caption for details. duration and not repetition of peak information. One hypothesis for this unexpected finding is that onsets are more heavily weighted by processes responsible for perceptual calibration to detailed spectral information. Evidence supports the physiologic importance of onsets in auditory nerve fibers, cochlear nucleus (e.g., Rhode, 1991; Winter and Palmer, 1995; Delgutte et al., 1998) , inferior colliculus (Delgutte et al., 1998) , and at increasing levels of the auditory system up to auditory cortex (Heil, 1997a,b; Phillips and Hall, 1990) . Onsets between precursors and targets are closer in time with shorter duration precursors and consequently result in greater perceptual calibration. It is important to note that although perceptual calibration to longer duration F 2 -matched precursors was relatively weaker, it still exerted substantial influence on listeners' use of F 2 and spectral tilt when identifying following vowels.
Because our precursors lacked modulations in amplitude envelope, it is possible that perceptual calibration would be stronger with speech precursors, which are characterized by multiple onsets (cf. Kiefte and Kluender, 2008) . That is, in the absence of intervening silence, the effectiveness of the responsible mechanisms gradually decreases with time. Future studies examining temporal properties of auditory perceptual calibration will benefit from a detailed examination of the importance of different onset properties on auditory perceptual calibration (e.g., rise time, relative phase, and onset synchrony across frequency). Furthermore, it is worth investigating whether continuous amplitude modulation associated with repeated speech onsets elicits stronger responses from processes responsible for perceptual calibration, thus showing greater effects.
For tilt-matched precursors, there was only weak evidence that the longest duration precursor, 2000 ms, was more effective (greater F 2 weights) than short-duration precursors. Part of the reason for this is that spectral tilt in the identification of the vowels /u/ and /i/ in isolation (control condition) is much less perceptually salient since weights for F 2 are large and weights for tilt are small. With a tiltmatched precursor, the only way to observe perceptual calibration is an increase in F 2 weights and a decrease in tilt weights. With the 250-ms precursor, tilt weights were decreased significantly with very little room to show further effect. However, keeping tilt-matched precursor duration constant and varying precursor modulation rate demonstrated that providing a greater number of samples of the broadband spectrum results in greater perceptual calibration, presumably because the relative certainty of the long-term spectrum is greater.
Findings for tilt-matched precursors demonstrate that the perceptual system is sensitive not only to changes in tilt Kluender, 2008, 2009 ) but also to reliability of tilt across time. Again, while the role of spectral tilt in phonetic perception is unresolved (Hillenbrand et al., 1995; Bladon and Lindblom, 1981; Zahorian and Jagharghi, 1993; Ito et al., 2001) , changes in tilt between speech segments have been shown to greatly influence speech perception by normal-hearing listeners (Alexander and Kluender, 2008) , and especially hearing-impaired listeners (Alexander and Kluender, 2009 ) for whom spectral peaks are often reduced by abnormal cochlear filtering. The potential role that global spectral properties plays in speech perception is also demonstrated here with F 2 -matched precursors. Perceptual calibration of F 2 reduced the effectiveness of spectrally local information and significantly increased the influence of a secondary cue, spectral tilt, on vowel categorization.
B. Potential mechanisms
A primary finding is that perceptual calibration (a de-emphasis of spectral similarities between adjacent speech FIG. 10 . Spectrograms of sample precursors with 2-, 4-, or 8-Hz modulation rates (top, middle, and bottom panels, respectively) for experiment 2A that were filtered to have a spectral peak that matched the F 2 frequency (1600 Hz) of the following vowel. Increases in modulation rate increases the number of times the full spectrum is sampled. segments) to both F 2 and spectral tilt operates on a very short time scale, less than 250 ms. In light of earlier findings with contrast effects (an emphasis of spectral differences between adjacent speech segments), the findings here are not surprising to the extent to that both share similar mechanisms. For example, Coady et al. (2003) found contrast effects in the perception of a /ba/-/da/ series varying in F 2 onset frequency for preceding sounds with low-or high-frequency peaks with durations in the tens of milliseconds. Kluender (2008, 2009 ) also found enhanced sensitivity to changes in spectral tilt in the perception of /ba/ and /da/ in the presence a 250-ms leading vowel (/a/).
Masking
It has been well established that peripheral masking is not responsible for contrast effects. Precursors that are incapable of energetic masking have been shown to induce contrast effects, including precursors distant in time (Holt and Lotto, 2002; Holt 2005 Holt , 2006 , precursors with dichotic presentation (Holt and Lotto, 2002) , and precursors with spectral complements (spectral troughs in place of peaks; cf. Coady et al., 2003) . Likewise, findings here indicate that masking is not the primary mechanism responsible for perceptual calibration, at least for F 2 -matched precursors. First, spectral peaks associated with the matching filters increased and decreased as energy from modulated resonances passed through or near them. Second, longer duration F 2 -matched precursors resulted in significantly less perceptual calibration, opposite to what one might expect from an energy-based masking account.
Perceptual grouping
Another possible explanation, at least for findings related to F 2 -matched precursors, is auditory perceptual grouping (e.g., Bregman, 1990) . Such explanations rest on assumptions that an auditory element (in this case, a spectral peak) cannot belong to two or more independent sound sources (in this case, a precursor "background" and a vowel target) so that when it is perceptually assigned to one source, it is in a sense, denied any contribution to the opposing source. Thus, an argument is that the F 2 peaks in the vowel targets were grouped with the peaks in the precursor as separate and distinct auditory objects or streams. According to the perceptual grouping hypothesis, listeners would have then been forced to rely on spectral tilt alone for identification. While this hypothesis cannot be definitively ruled out, several observations weaken the argument. First, the precursor itself contained varying and unpredictable spectral content, with the intensity of the filtered peak increasing and decreasing randomly over its duration. This should have discouraged grouping processes from operating. Second, there are notable demonstrations that acoustic information can contribute simultaneously to perception of apparently distinct sources, including those involving speech (e.g., Liberman et al., 1981; Moore et al., 1986; see Shinn-Cunningham et al., 2007) . Thus even if a tonal element was perceived to be common across precursor and target, this would not preclude other processes from operating.
Adaptation-like effects
A number of neurophysiological studies by Delgutte and colleagues support the importance of adaptation in speech perception, especially for enhancing spectral contrast between successive speech segments (Delgutte, 1980 (Delgutte, , 1986 (Delgutte, , 1996 Delgutte et al., 1996; Delgutte and Kiang, 1984) . With adaptation, nerve responses with CFs near a peak in the spectrum have an initial strong response that quickly decays so that they are relatively less responsive to a continuation of energy in that region. If subsequent energy falls in a different spectral region, where nerve fibers are relatively nonadapted, the response will be comparatively greater than in the adapted region. Across a population of fibers with a large response difference across frequency, as for a signal with steeply sloping spectral tilt, adaptation would have the effect of flattening spectral tilt in the neural output over time. This may be one way the auditory system calibrates to reliable filter characteristics and increases sensitivity to contrast. Delgutte et al. (1996) notes that adaptation-like effects occur on many time scales, with longer time scales occurring at higher levels in the auditory system. For example, single nerve fibers in the inferior colliculus have been found to increase their response properties following changes from predictable acoustic patterns (Péréz-González et al., 2005; Dean et al., 2008) . Higher in the auditory system, Ulanovsky et al. (2003) identify nerve fibers in primary auditory cortex that are sensitive to relative probabilities of different frequency tones embedded in a long tone sequence.
It is important to note that demonstrations of contrast and calibration in higher structures of the auditory system do not imply reduced contributions of peripheral mechanisms. For example, descending (efferent) auditory pathways project all the way back to outer hair cells. Evidence of feedback loops is provided by findings that inner hair cell receptor potentials are at least indirectly influenced by outer hair cell inhibition, with a decompression of the rate-level function leading to an increase in the sensitivity of auditory nerve fibers . In addition, the efferent system appears to be sharply tuned at least for projections from the inferior colliculus to the superior olivary complex (Ota et al., 2004) , rendering it capable of spectrally detailed auto-calibration. In turn, projections from the medial olivary complex (MOC) to outer hair cells provide adjustments of basilar membrane tuning that have been hypothesized to improve resolution of signals against background noise (e.g., May and Mequone, 1995; Winslow and Sachs, 1988; Kirk and Smith, 2003) . In summary, it is likely that both central and peripheral mechanisms work together to contribute to auditory perceptual calibration and contrast processes.
Mechanisms involving the medial olivocochlear reflex (MOCR) are an attractive explanation for some of our observed findings for several reasons. First, the MOC is innervated by neurons originating from both cochlear nuclei with approximately 2/3 originating from the ipsilateral side and 1/3 from the contralateral side (Liberman and Brown, 1986) . This innervation pattern could render the MOC capable of responding to dichotic presentations of precursor and target (e.g., Holt and Lotto, 2002) . In addition, MOCR effects on the suppression of stimulus-frequency otoacoustic emissions demonstrate a buildup and decay on the order of hundreds of milliseconds (Backus and Guinan, 2006) , which could explain the gradual decrease in perceptual calibration in response to longer duration F 2 -matched precursors. Finally, Strickland (2008) provides a psychophysical account of MOCR function showing that preceding onfrequency stimulation results in a graded decrease in cochlear gain at the signal place, and off-frequency stimulation results in a graded increase in cochlear gain at the signal place in a manner that is similar to an of adaptation of suppression. Thus, neural response properties at CFs near a persistent spectral peak become adapted and their suppressive effect on neighboring spectral components is decreased. The implication is that when a spectral peak (or a broad dominance of low-or high-frequency energy as with sounds with steeply sloping spectral tilts) of a preceding sound is near the same frequency as the sound that immediately follows, cochlear gain is decreased at that frequency region. The result is perceptual calibration to the non-informative (unchanging) parts of the incoming spectrum. However, when a spectral peak (or a low/high-frequency energy dominance) is in a region away from the following sound, cochlear gain in the suppressive region of the following sound is increased. The result is perceptual contrast to the informative changes in the incoming spectrum. In this way, perceptual calibration (a deemphasis of spectral similarities) and perceptual contrast (an emphasis of spectral differences) are viewed as two features of the same physiologic mechanism that operates to maximize the transfer of information, that is, to optimize the perceptual response to changes in the environment. practical matter, considering the intensive computational processing involved, poles were generated independently and stored as vector for each of the four starting phases. Precursors were then generated for each cycle by adding the waveforms of each of the four selected poles together.
1
Facts of auditory physiology and of the statistics of natural sound sources support this hypothesis. For example, it is well documented that low levels of processing in auditory nerve and ventral cochlear nucleus have relatively narrow frequency tuning and integrate energy over relatively short periods (e.g., Romand, 1983; Brugge et al., 1981) . However, the frequency and time base of integration increases at higher levels in the auditory system as information about initial narrowly tuned properties is encoded in parallel with information about spectrally broader aspects of the signal (e.g., Abeles and Goldstein, 1972; Schreiner and Langer, 1984; Creutzfeldt et al., 1980) . For example, Barbour and Wang (2003) identify nerve fibers in primary auditory cortex that are responsive to both spectrally narrow and broad properties when decoding spectral shape. This neural organization complements the acoustics of natural everyday sounds. For example, detailed spectral changes (e.g., formant onsets and offsets) tend to have a relatively short time base compared to broader spectral properties (e.g., spectral tilt) that are best defined over a longer time base. That is, as a complex signal like speech is sampled for a longer period, the average spectrum becomes smoother and its defining properties become more global.
2
Lowpass filters were created using the Filter Design and Analysis Tool in MATLAB. Bandpass filters and filters used to manipulate spectral tilt were created using the FIR2 function in MATLAB.
